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At least one drawing originally filed was informal and the print reproduced here is taken from a later filed formal copy. 
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METHOD FOR PROVIDING VOICE OVER INTERNET PROTOCOL 

CALL SERVICE 

The present invention relates to a voice over Internet protocol (hereinafter, referred to as 
AVoIP@) system, and more particularly but not exclusively to an improved method for 
providing Voff call service. 

A VoIP system provides a new scheme of commimication service, which performs a 
voice data communication over the Internet rather than a public switch telephone networic 
(PSTN) as an existing communication networic. Unlike an existing scheme, since the voice data 
communication over the Internet employs a packet-based network and therefore charges for using 
domestic/international telephone lines are not incuired, the VoIP system can ine;q>ensively caxiy 
out the voice data communication. The VoIP system is capable of transmitting video information 
as well as audio inforaiation using an ITU-T standard H.323 protocol 

An H.323*based packet network, which provides VoIP service, is made up of a 
gatekeq>er, an H .323 terminal bemg an endpoint and a gateway, and also includes a multipoint 
control unit (MCU) for conference service. The gatekeeper, which is an important component in 
the H323-based packet network, performs ms^or functions relative to a registration of the 
terminal and the gateway within a zone, an address management, a call connection control, a 
resource management, etc. The zone is an area in which one gatekeeper manages the terminal, 
the gateway, the MCU, etc. 

The gateway acts to transmit audio and facsimile data, incoming into the PSTN, to the 
Internet after a real-time compression and protocol conversion. The gateway can be divided into 
several types according to a built-in and use fcmn. For example, thare are a built-in type, a server 
type, a stand-alone type and the like. A built-in type gateway is embedded into a key telephone 
system or a private branch exchange (PBX) in the form of a card. A server type gateway is 
mounted on a platform such as a window network terminal (NT). A stand-alone type gateway is 
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structured independently with terminals. The stand-alone type gateway is divided into a stand- 
alone mode and a TANDEM (trunk and ENM (ear & mouth)) mode according to an operating 
mode. The stand-alone type gateway of the stand-alone mode is the gateway, which is directly 
connected to a pluraUty of telephone terminals and the stand-alone type gateway of the 

5 TANDEM mode is the gateway, which supports an interwoiking between heterogeneous office 
lines. The stand-alone type gateway of the TANDEM mode is connected to the PBX and/or the 
key telephone system over an inner Tl/El interfece, a loop (loop start trunk) interface and a 
subscriber line circuit (SLC) interface. 

However, in order for a caller to make a VoIP caU, the caller must submit, often in 

10 DTMF, a central office access code along with the telephone number of the called party before a 
VoIP speech path can be set up between the caller, a local gateway and a remote gateway. After 
the speech path is set \xp, the calling party receives a second dial tone indicating that the call can 
go through. However, the above method is inefficient in that the calling party must wait a 
substantial period of time for the call to be set up. What is needed is a more efficient method of 

15 placing a VoIP call to a called party connected to a PSTN. 

It is an aim of the pfeseht invention to at least partly mitigate the above-ref«enced 
problems. 

It is also an aim of embodiments of the present invention to provide an improved method 
of connecting a calling party to a called party in a VoIP call. 
20 It is further an aim of embodinients of the present invention to provide a method that 

reduces time in setting up a VoIP call. 

It is yet another aim of embodiments of the present invention to provide a method for 
setting up a VoIP call that does not inconvenience the calling party with unnecessary delays. 

According to a first aspect of the present invention there is provided a method for placing 
25 a voice over hitemet protocol (VoIP) call via a local gateway disposed between a calling party 
user tenninal and a remote gateway, said mediod comprising the steps of: 
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determining whether the local gateway receives a destination central office access code 
from the calling party ; 

establishing a VoIP speech path between the calling party and a remote gateway when 
said local gateway receives said destination central office access code from said calling party; 

receiving a destination telephone number from said calling party by said local gateway 
after establishnient of said VoIP speech path; and 

relaying said destination telephone number to said remote gateway. 

According to a second aspect of the present invention there is provided a method for 
placing a voice over hAcmet protocol (VoIP) telephone call via a local gateway disposed between 
a remote gateway and a user terminal of a calling party, said method comprising the steps of: 

detecting, by the local gateway, an off hook condition of the user terminal of the calling; 

party; 

providing to the calling party's ixser terminal a first dial tone from the local gateway in 
response to said detecting of the off hook conditioiu 

receiving at least one iiq>ut digit 6om the user terminal of the caUing party by the local 
gateway; 

determining whether the at least one input digit received by the local gateway is a 
destiaation central office access code; 

performing a VoIP call setup by the local gateway between the local gateway and the 
rmiote gateway when the input digit is the destination cmtral office access code; 

establishing a VoIP speech path between the calling party's user terminal and the remote 
gateway; 

generating a second dial tone by the destination central office and relaying said second 
dial tone to the calling party's us^ terminal; 

inputting a called party telq>hone number by the calling party at the calling party's user 
temiinal in response to receipt of the second dial tone; and 



relaying said called party telephone number to the destination central office from said 
usCT terminal of the calling party. 

According to a third aspect of the present invention there is provided a method for placing 
a call between a calling party*s usct temiinal and a called party's user temiinal using voice over 
5 the internet protocol (VoBP), said calling party's user terminal being connected to a local gateway 
which is connected to a remote gateway that is connected to a public switched telephone network 
(PSTN) that is connected to the called party's user terminal, said method comprising the steps of: 

picking up a receiver of the calling party's user terminal by the calling party; 

receiving a first dial tone at said calling party's user terminal from the local gateway; 
10 inputting an access code for the cratral office of the PSTN coimected to the called party* s 

usCT terminal at the calling party's user terminal; 

perfonning VoIP call setup between the local gateway and the remote gateway upon 
receipt of the access code by the local gateway; 

establishing Voff speech path between the calling party's user terminal and the remote 
15 gateway; 

delivering said access code to the PSTN; 

generating a second dial tone by the PSTN in response to receiving said access code; 
relaying the second dial tone to the user terminal of the calling party; 
inputting a destmation telephone number by a calling party into a user terminal of the 
20 calling party in response to hearing said second dial tone; 

relaying said destination telephone number to the central office of the PSTN; 
ringing the called party's user temunal; and 

picking up a receiver at the called party's user terminal and commencing conversation 
with the calling party. 

25 According to a fourth aspect of the present invention there is provided a method for 

placing a voice over intanet protocol (VoIP) call via a local gateway disposed between a calling 
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party user tenninal and a remote gateway, said method comprising the steps of: 

determining whether the local gateway receives a destination central office access code 

fiom the calling party; 

establishing a VoIP speech path between the calling party and a remote gateway whai 

said local gateway receives said destination central office access code from said calling party; 

transmitting a signal from said local gateway to said calling party user tenninal indicating 

that a VoIP speech path is possible, prior to input of the called party's destination telephone 

numb^ and 

subsequently relaying said destination telephone nimiber to said remote gateway. 
According to a fifth aspect of the present invention there is provided an apparatus for 
placing a voice over internet protocol (VoIP) call comprising: 
a calling party xiscr tenninal; 

a local gateway arranged to receive a destination central office access code and a 

destination telephone number from said user terminal; and 

a remote gateway, connected to said local gateway via an internet; wherein 

said local gateway is arranged to indicate that a VoIP speech path is possible between said 

user tenninal and said remote gateway prior to input of said destination telephone number at said 

user terminal. 

According to embodiments of the present invention these and other methods can be 
accomphshed by a method of placing i VoIP call betwem a calling party and a called party. The 
method begins with the calling party picking up the receiver on his phone and listening for a first 
dial tone pronq>ting the caller to enter the access code of the central office of the PSTN that 
services the called party. The DTMF access code is received by a local gateway that determines 
if the DTMF code is indeed an access code for the central office. If the code received by the 
local gateway is an access code to the central office, VoIP is setup between the local gateway and 
the remote gateway and a speech path is set up between the remote gateway, the local gateway 



and the calling party's terminal. The remote gateway seizes the central office of the PSTN of the 
called party, the cailral office of the called party sends a second dial tone to the remote gateway 
which is then relayed on to the local gateway and finally relayed to the calling party's telephone. 
The caller hears this second dial tone which sounds different from the first dial tone. Then, the 

5 caller enters the telephone number of the called party. These digits are sent in DTMF H J23 
format to the local gateway and then to the remote gateway and finally to the central office of the 
PSTN of the called party. Then, die caller either hears a ring signal or a busy signal diat informs 
the caller of the state of the called party's telephone. If the called party is not busy, the called 
party then picks up the receiver and the caller and the called party can begin conversation. 

10 The above method is advantageous ovar other methods in that there is less waiting for the 

caller when placing a call to the called party. 

A more complete appreciation of the invention, and many of the attendant advantages 
thereof, will be readily appaieai as the same becomes better understood by referraice to die 
following detailed description, described by way of example only, and when considoed in 

15 conjunction with the accompanying drawings in which like reference symbols indicate the same 
or similar components, whoein: 

Fig. 1 is a view illustrating an exemplary VoIP Systran in which a local gateway operates 

in a stand-alone mode; 

Fig. 2 is a view illustrating an exranplary VoIP system m vMch a local gateway iterates 
20 in a TANDEM (trunk and ENM (ear & mouth)) mode; 

Fig. 3 is a flow chart illustrating an exemplary VoBP call service protocol; 
Fig. 4 is a flow chart illustrating a VoIP call service protocol in accordance with the 
principles of the present invention; and 

Fig. 5 is a flow chart illustrating a VoIP call process in a local gateway in accordance 
25 with the principles of the present invention. 

Fig. 1 illustrates an exemplary VoIP system in which a local gateway operates in a stand- 
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alone mode and Kg. 2 musta^es » exeovlary VoIP system in «Md, a k^al g3te^^ 
a TANDEM (ti™k and QJM (ear 4 mouft)) mode. With referent to Fig. I, a local gateway 12 
of the stand-alone mode is directly competed to a plurality of nser temrinals A 10. Tl.e local 
gateway 12 and one side of a ranote gateway 1 6 «^ destination VoIP gateway) ate connected to 

5 »lPnetwo,kI4.andtheothersideofthe,emotegatewayl6isconnectedtoaPSTNI8. Tbt 
PSTN18iseom,ectedtoapluralityofusa-tenninalsB20. Withrefetencetor,g.2,lhelocal 

gateway 12 of theTANDEM mode isconnectedto the .^.rtemnnalsAlOviaaprivate branch 
e«ch»^(PBX)n. InbothRgs. 1 and2. ansertenninal A IOdenotesacallingpa«ynser 
tetminal and a user terminal B 20 denotes a called party «s« taminal. 
'0 Fig. 3 iltastmtes a flow chart illustratmg an exemplary VoIP call service protocol for the 

apparam depicted in Figs. I and 2. With reference to Figs. I through 3.. VoIP call ser«ce win 
bedescribed. When the caller of the user temnnal A 10 takes a handset off-hook when using the 
VoIP can sendee using VoIP gueway, to commtmieate wid. a subsaiber at temunal B, an off- 
hook signal is Iransfeiied fi«m .!» user temnnal A 10 to the local gaeway 12 at stq, 100 show^ 
15 inFig.3. tarespo«setotheoff-hooksignaI.thelocalgatew.yl2proyidestheusert«minalA 
10 with a dial tone in stq, ra2. When thesubscriber of the user terminal A 10 hears the dial 
tone, the caller then presses keys con^ponding to a desthMtion cennal office access 
destination telephone mnnber using a key input unit 6f the user temunal A 10. Tie digits of the 
destimttion central office «=cess code and the d«tination telephone number are transferred fiom 
20 'l«»«rtemrinalAI0toU«localgateWayI2instepl04ofFig.3. L. the exan^le of Figs. I 
ttoougi 3 J. is assumed that the destination cenn^ office access code is >9= and d» 
telephone ■mnberis>2I8-7468-. Tie digits (DGTs) of the destination central office access 
eode and the destination telephone number ai»>9. 2, 1, 8, 7, 4, 6 and «■=. 

In step 1 06, an end of a se(pience of digits is detennined by the entaing of the >#= key or 
25 lack of key input for a predetermmed amount of time (eg., flnee s«»nds) ,o the l«=al gateway 
12. After submission of the digits, the local gateway 12 collects the digits of the destination 
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een.^ office «c«s code andflKde^tionteleptonenumber and fl^nperfo^saVoIPc^^^ 
«,„p wift fte desto*. von. ^ay 1 6 (ENBUXJK sohen-e) as m»s«.ed in 

Hereafter, fl>e locd gateway .2 *ansnri« an ANSBACK sigoal u, U,e user terminal MO 
«, infonn me user .enninal A 10 M a VoIP speech path establishment is possible a. step .12 of 
Fi^ 3, and then.VoIP speech pam is established among the nsertenninalAlO. the local 

gateway 12 and the remote gateway 16 at step 113. 

The remote ga.ewayl6.hensei«sm.PS™iS,».gthedigi.>9-of,bedestina.ion 

central officeaccesscode at stepUOafierdre VoIP call senrp and th«.transmitsthedig.ts>2.1. 

g.7.4.6and8=ofthedestinatio«telephonenumber,othePs™i8atstepn4after,heVoIP 

speech path establishment in step 112. 

to tt,e VOIP caU service as described above, .he detennination of the end of a sequence of 
digits is accompUshedbyeitherthekey>«=beh«submi«edby the caUingparty or the CKP^ 

apredetern^anKHmtoftim. without key inprnbythecallingpartythe^^ 

^ VoIP call se«.p process. The reason for the delay in the VoIP call se«.p is that most 
^bersof.heuser.e,mina.A.Odonotordin.rilypressU.ekey*.and.hereforethe 

deiayofthcU-reesecondsmnstoccur. Acconiingly. the subscribers of the user tenninals A 10 

must undergo inconvenience and delay in the VoIP call setup. 

Also, whenthesubscriberofthe user tem>inalA10doesnotreceiveasecondd.al tone 

ftom me destination central office afle* submitting the access cod. >9=. the subscriber of the user 
.e^nal A lOwillsufferinconvemence. to more detail, when the subscriber of the user .«mm.l 
AlOholdsahandsetoftheusertermmdAlOinhisorherhandsoastoattempttodralthe 

destinauon telephone number A218.7468@ of the user terminal B 20. the »*scriber of the user 
.enninalAlOIista^foraseconddialtonethat is to beprovidedfiom the local gateway 12. 

When the subscriber of the user tenninal A 1 0 can evenhtally hear the second dial tone 
(notshowninFi^3)p™vided.^madestinati»cen.ra.officeof.hePSTNIS..hecaU,ofthc 
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user tenninal A 10 is thai connected to the called party's user tenninal B 20. However, in the 
setup of Figs. 1 -3, a VoIP speech path is. established between remote gateway 1 6 and user 
terminal A 10 after the digits for both the central ofBce access code and the destination telephone 
number are submitted from user terminal A 10. After the speech path is established, the user at 
5 temiinal A 10 receives a second dial tone indicating that his call is complete. 

Fig. 4 illustrates a flow chart illustrating a VoIP call soidce protocol in accordance with 
fte principles of the present invention and Fig. 5 illustrates a flow chart illustrating a VoIP call 
process in a local gateway m accordance with the principles of the present invmtion. In the 
description of Figs. 4 and 5, like in the description of Figs. 1-3, it is assumed that the destination 
10 central office access code is >9= and a destination telephone nimiber (terminal B) is >21 8-7468=. 
In Fig. 4, a calling party at user terminal A 1 0 takes a handset o£r*hook when using a 
VoIP call service to communicate with a called party at tenninal B 20 through VoIP gateways. 
An ofT-hook signal is sent fiiom the user terminal A 1 0 to the user terminal B 20 at step 200. It is 
then determined at step 300 of Fig. 5 whether the off-hook signal is detected by local gateway 12. 
15 If the ofif-hook signal is detected by the local gateway 12, the local gateway 12 provides the 
calling party 10 with a first dial tone at step 302 of Fig. 5. At step 202 of Fig. 4, the first dial 
tone is transferred from the local gateway 12 to the calling party user tenninal A 1 0. 

When the callor at the user terminal A 10 hears the first dial tone, the caller enters only 
the key corresponding to the destination central office access code (e.g., digit >9=). The digit 
20 (DGT) of the destination central office access code is then transferred from the user terminal A 
1 0 to the local gateway 1 2 at step 204 of Fig. 4. 

It is determined at step 304 of Fig. 5 whether the digit corresponding to the destination 
central office access code is received by the Ipcal gateway 12. If the digit is received by the local 
gateway 12, it is then determined at step 306 of Fig. 5 (and step 206 of Fig. 4) whether received 
25 digit is the destination central office access code (digit >9=). When the received digit is the 
destination central office access code (digit >9=), the local gateway 12 performs a VoIP call 
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setup with remote gateway 16 using the digit >9= of the destination central office access code at 
step 308 of Fig. 5 and step 208 of Fig. 4. As described above, Ae VoIP call setup usfaig the digit 
>9= of the destination central office access code in accordance with the principles of the present 
invention has the advantage over the process of Fig. 3 in that the call setup time can be reduced. 

5 Whai it is determined that the digit received by the local gateway 12 is an access, code for 

the destination coitral ofQce, local gateway 12 transmits an ANSBACK signal to the user 
temiinal A 10 to inform the user terminal A 10 that a VoIP speech path establishment is possible 
between the remote gateway 16 and the user terminal A 10 in step 212 of Fig. 4. After 
transmission of the ANSBACK signal from local gateway 12 to caller 10. a VoIP speech path is 

10 setup between the user terminal A 10, the local gateway 12 and the remote gateway 16 as 
illustrated in step 310 of Fig. 5 and step 214 of Fig. 4. 

In addition to the above, remote gateway 16 seizes the PSTN 18 using the digit >9= of the 
destination central office access code in step 210 of Fig. 4 after the VoIP call setup. If a 
destination central office (CO) of the PSTN 1 8 receives the destination central office access code 

15 (digit >9=), the destination coitral office of the PSTN 1 8 transfers a second dial tone in step 216 
to the remote gateway 16 in response to receipt of the destination central office access code (digit 
>9=). The remote gateway 16 then relays the second dial tone to the local gateway 12 over the IP 
network 14 m stq>s 218 and 312. This second dial tone is again relayed to caller 10 in step 313 
of Fig. 5 and step 220 of Fig. 4. It is to be appreciated that the sound heard by the calling party 

20 who receives the second dial tone is a ^und that is distinguishable from the first dial tone. The 
receipt of the second dial tone at A 10 informs the caller that a connection has been estabUshed 
between the caller and the destination PSTN 1 8 and prompts the caller to enter the called party's 
destination telephone number (2 1 8-7468). 

The destination telephone number can be transmitted using a user input indication 

25 message. An outband method of H.245 transmits DTMF signals corresponding to the digit into 
the signahng channel, differing from an inband method transmitted through the RTP (ReaMme 

10 



Transfer Protocol) channel by compressing the DTMF tone corresponding to the digit such as 
voice. The user input indication message is a type of message transmitted through the signaling 
channel. 

Wheal the subscriber of the user terminal A 1 0 presses keys corresponding to the 
telephone number (218-7468) of the destination user terminal B 20, the digits (DGTs) of the 
destination telq)hone number in DTMF are transferred from the user terminal A 1 0 to the local 
gateway 12 as illustrated in step 222 of Fig. 4. The local gateway 12 relays the destination 
telephone number in H323 to remote gateway 16 over JP network 14 via the VoIP speech path as 
illustrated in step 224 of Fig. 4 and step 314 of Fig. S. The DTMF transmission scheme includes 
an inband scheme (Q.931 scheme) and an outband scheme (H.245 scheme)^ Accordingly, the 
remote gateway 16 relays the digits >2, 1, 8, 7, 4, 6 and 8- of the destination telephone number 
to the destination central office of tiie PSTN 18 in DTMF format as illustrated in step 226 of Fig. 
4. 

After the subscriber of the user terminal A 1 0 dials the telq)hone numb^ of the called 
party B 20, the calling party at user terminal A 10 hears a ring back tone or a busy tone according 
to a state of the called party^s terminal B 20. Then, when the called party answers his phone by 
taking the handset off-hook at B 20, an ANSB ACK signal is transferred from the user terminal B 
20 to file remote gateway 16. In response to receiving the ANSBACK signal by remote gateway 
16, a VoIP TANDEM call path is established between the remote gateway 16 and the called 
party's terminal B 20 enabhng the calling party at terminal A 10 to communicate with the called 
paxty at temiinal B 20. 

As apparent from the above description, the present invention provides a method for 
providing call service in a VoIP system that can first establish a VoIP speech path upon receipt of 
a destination central office access code from the caller. After the VoIP call has been set up and 
the speech path is established, the calling party receives a second dial tone prompting the calUng 
party to enter the destination telephone number in order to form a communication path between 
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the calling party at tenninal A 10 and the called party at tenninal B 20. 

Although the prefened embodiments of the present invention have been disclosed for 
illustrative purposes, those skilled in the art will appreciate that various modifications, additions 
and substitutions are possible, without departmg fiom the scope and spirit of the invention as 
disclosed in the accompanying claims. 
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CLAIMS: 



1 . A method for placing a voice over Int^et protocol (VoIP) call via a local 
gateway disposed betwem a calling party user terminal and a remote gateway, said method 
comprising the steps of: 

determining whether flie local gateway receives a destination central office access code 
fix)m the calling party; 

establishing a Voff speech path between the calling party and a remote gateway when 
said local gateway receives said destination central office access code from said calling party, 

receiving a destination telephone number from said calling party by said local gateway 
after estabUshment of said VoIP speech path; and 

relaying said destination telephone niimber to said remote gateway. 

2. The method of claim 1, fiuther comprising the step of performing VoIP call setup 
between the local gateway and the remote gateway by the local gateway prior to establishing the 
VoIP speech path. 

3. The method of claim 1 , the destination telephone number being transmitted and 
relayed using a dual tone multifrequency (DTMF) transmission scheme in H.323. 

4. The method of claim 3, the destination telephone number being transmitted using 
a user input indication message based on the DTMF transmission scheme in H.323. 

5. A method for placing a voice over Internet protocol (VoIP) telephone call via a 
local gateway disposed between a remote gateway and a user teraiinal of a calling party, said 
method comprising the steps of: 
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detecting, by the local gateway, an ofif hook condition of the user tenninal of the calling 

party; 

providing to the calling party's user terminal a first dial tone firom the local gateway in 
response to said detecting of the off hook condition; 
5 receivii^ at least one input digit from the user tenninal of the calling party by the local 

gateway, 

deteraiining whether the at least one iiq)ut digit received by the local gateway is a 
destination central ofiice access code; 

performing a VoIP call setup by the local gateway between the local gateway and the 
10 remote gateway when the input digit is the destination central ofBce access code; 

estabhshing a VoIP speech path between the calling party's user terminal and the remote 
gateway; 

generating a second dial tone by the destination central office and relaying said second 
dial tone to the caUing party's user terminal; 
15 inputting a called party telephone number by the calling party at the calUng party's user 

terminal in re^nse to receipt of the second dial tone; and 

relaying said called party telephone number to the destination central office from said 
user terminal of the calling party. 

20 6. The method ofclaim 5, Recalled party's telephone number being dual tone 

multifrequency CDTMF) transmission scheme in H.323. 

7. The method of claim 6, the called party's telephone number being transmitted 
using a user input indication message based on the DTMF transmission scheme in H.323. 

25 

8. The method of claim 6, the relaying step being followed by establishing a speech 
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communication path between a called party's user tenninal and the calling party's user tenninal. 

9. A method for placing a call between a calling party's user tenninal and a called 
party's user tenninal using voice over the internet protocol (VoIP), said calling party's user 
tominal being connected to a local gateway which is connected to a remote gateway that is 
connected to a public switched telephone network (PSTN) that is connected to the called party's 
us^r terminal; said method comprising the steps of: 

picking up a receiver of the calling party's user tenninal by the calling party; 

receiving a first dial tone at said calling party's user terminal from the local gateway; 

inputting an access code for the central ofSce of the PSTN connected to the caUed party's 
user tenninal at the calling party's user tenninal; 

performing VoIP call setup between the local gateway and the remote gateway upon 
receipt of the access code by the local gatewa}^ 

establishing VoIP speech path between the calling party's user tenninal and the remote 
gateway, 

delivering said acc^s code to the PSTN; 

goierating a second dial tone by the PSTN in response to receiving said access code; 
relaying the second dial tone to the user terminal of the calling party; 
inputting a destination telephone number by a calling party into a user tenninal of the 
calling party in response to hearing said second dial tone; 

relaying said destination telephone number to the central office of the PSTN; 
ringing the called party's user terminal; and 

picking up a receive- at the called party's user terminal and commencing conversation 
with the calling party. 

10. The method of claim 9, said destination telephone number being transmitted and 
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relayed as a series of DTMF signals. 



1 1 . The method of claim 10, the destination number being in H.323 transmission 
scheme. 

12. A method for placing a voice over internet protocol (VoIP) call via a local 
gateway disposed between a calling party user tenninal and a remote gateway, said method 

comprising the steps of: 

detemiining whether the local gateway receives a destination central office access code 

from the calling party, 

establishing a VoIP speech path between the calling party and a remote gateway when 
said local gateway receives said destination central office access code from said calling party, 

transmitting a signal from said local gateway to said calling party user terminal indicating 
that a VoIP speech path is possible, prior to input of the called party's destination telephone 
number, and 

subsequently relaying said destination telephone number to said remote ^eway. 

13. The method as claimed in claim 12 further comprising: 

subsequent to receipt of said signal at said calling party user terminal, ii^utting said 
called party's destination telq)hone nuinber. 

1 4. The method as claimed in claim 12 or 1 3 wherein said signal comixises an 
ANSBACK signal. 

1 5. The method as claimed in claim 12 or claim 1 3 wherdn said signal comprises a 
second dial tone. 
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16. Apparatus for placing a voice over internet protocol (V oBP) call comprising: 
a calling party user terminal; 

a local gateway arranged to recdve a destination cratral office access code and a 

destination telephone number from said user terminal; and 

a rotnote gateway, connected to said local gateway via an internet; wherein 

said local gateway is arranged to indicate that a VoIP speech path is possible betwera said 

user terminal and said remote gateway prior to input of said destination telephone number at said 

user terminal. 

17. A method substantially as hereinbefore described with reference to figures 4 and 

5. 

1 8. Apparatus constructed and arranged substantially as hereinbefore described with 
reference to figures 4 and 5. 
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